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SUMMARY 

Compandors of the type used in telephony for the improvement of signal- 
to-noise ratio are unsatisfactory for high-quality sound circuits because of the 
objectionable effect produced by programme-modulated noise. In the case of 
'white' noise, this difficulty can be largely overcome by splitting the audio- 
frequency range into two parts and applying the compandor to the upper band 
only, but considerable refinement in instrumentation is necessary to do this 
without degrading the programme quality in other ways. 

The report describes an artifice which allows the principal advantages 
of such a two-channel compandor to be realized without the need for band- 
splitting filters in the programme circuit. This method, which involves the 
use of high-frequency pre- and de-emphasis in conjunction with a limiter con- 
trolled by a pilot tone, has been applied experimentally to a p. cm. system, 
the pilot tone in this case being locked to half the sampling frequency. The 
possibility is discussed of simplifying the instrumentation of the system by 
taking advantage of certain characteristics of the ear. 



1. INTRODUCTION 



1.1. General 



The compandor arrangement which is the sub- 
ject of this report may be described as a combina- 
tion of several known noise reduction methods, 
each of which, by itself, is in some way unsatis- 
factory for high-quality sound circuits; it is there- 
fore appropriate to commence by discussing these 
various techniques individually. 

1.2. High-frequency Pre- and De-emphasis 

A well-known method of improving signal-to- 
noise ratio in cases where the noise is predom- 
inantly high-pitched is to modify the spectrum of 
the signal to be transmitted by a pre-emphasis net- 
work which increases the level of the high-frequency 
components; at the receiving end of the system, a 
de-emphasis network introduces a corresponding 
attenuation at high frequencies thus restoring the 
signal spectrum to normal, at the same time reduc- 
ing the predominant components of the noise. 

The above artifice depends on the fact that 
the high-frequency components of the signal con- 
tribute, on the average, only a small proportion of 
the total power and may therefore be selectively 
amplified without producing a corresponding in- 
crease in the overall level. However, in high- 
quality sound systems there are occasions, too 



numerous to be ignored, on which the amplitude of 
high-frequency components in the signal is so much 
greater than the average that the level after pre- 
emphasis temporarily exceeds the prescribed maxi- 
mum. In these circumstances, according to the 
nature of the transmission system, either audible 
distortion may occur or interference maybe produced 
in other communication channels; if, to avoid 
these effects, a quick-acting limiter is provided to 
restrict the maximum signal level, the sudden reduc- 
tion in gain which accompanies a sound having a 
large high-frequency content is aesthetically ob- 
jectionable. For these reasons, the increase in 
signal-to-noise ratio obtained by pre-emphasis in 
high-quality sound systems has to be restricted to 
between 3dB and 7-5 dB , depending on the degree 
of occasional overmodulation or temporary gain 
reduction that can be tolerated. For many purposes, 
a greater improvement in signal-to-noise ratio is 
required and other devices have to be employed. 

1.3. Syllabic Compandors 

The effective signal-to-noise ratio obtainable 
from a sound signal transmission system can be 
increased by using a syllabic* compressor to raise 
the minimum signal level at the sending end without 
altering the maximum level. At the receiving end 

* The term "syllabic* is used to describe those auto- 
matic gain control devices whose gain returns to its 
'no-signal* value within, say, two hundred milliseconds 
of the cessation of the signal, and which are thus able 
to follow level fluctuations up to syllabic frequency. 



of the system, a syllabic expander having an output- 
input characteristic inverse to that of the compressor 
can then be used to restore the signal to its original 
form, attenuating the noise in the process; this 
combination of compressor and expander, known as 
a syllabic compandor, has been in use for many 
years in long-distance telephone circuits. 

When the level of the incoming signal rises, 
the gain of the compressor is automatically reduced 
and that of the expander increased. Any noise 
originating in the transmission system is therefore 
subject to a variable attenuation, and the propor- 
tion of it appearing at the output of the expander 
rises and falls with the signal level. The common- 
est manifestation of this phenomenon occurs with 
'white* noise, which is heard as a high-pitched 
sound, and, when amplitude-modulated by the 
signal, gives a subjective effect commonly referred 
to onomatopoeical I y as 'hush-hush.' In the case 
of the relatively narrow-band telephone systems for 
which compandors were originally designed, this 
'hush-hush* noise is to a large extent masked by the 
speech signal itself, and, even when audible, can 
be tolerated as long as intelligibility is not affected. 
However, in wide-band systems for the transmission 
of broadcast-quality programme material, it fre- 
quently happens that the predominant components 
of the signal and of the programme-modulated noise 
lie in widely separated parts of the spectrum, so 
that very little masking occurs; in these circum- 
stances, even a small amount of such noise can be 
aesthetically objectionable, producing in some cases 
an effect resembling high-order harmonic distortion. 

1.4. Split-band Compandors 

One method of avoiding the 'hush-hush' effect 
is to divide the audio-frequency band, by means of 
filters, into two or more parts, and to provide 
separate compandor systems for each frequency 
region ; each component of the noise is then 
modulated only by those components of the pro- 
gramme signal which are sufficiently close to it in 
frequency to produce effective masking. 

In cases where the noise components at middle 
and low audio frequencies make a negligible con- 
tribution to the audibility, it is possible to apply 
the artifice just described in a simpler form by 
dividing the a. f. band into two parts and companding 
only the upper part. The action of the compressor 
then introduces additional, level-dependent gain in 
the upper-frequency region only, giving the effect 
of a variable high-frequency pre-emphasis; the 
compensating action of the expander can likewise 
be regarded as a variable de-emphasis. 

The split-band compandor systems described 
above can be effective in reducing noise but have 
the disadvantage of requiring crossover filters in 
the programme chain at both sending and receiving 



ends of the system. If these filters arenot accurate- 
ly matched, the overall response/frequency charac- 
teristics of the system will not be uniform in the 
crossover region; further, if the gain changes 
introduced by the compressor and expander are not 
exactly complementary, the relative responses of 
the system in the different frequency bands will 
fluctuate during the programme. A high degree of 
precision is therefore necessary in the construction 
and maintenance of such compandors. 



2. PRINCIPLE OF PROPOSED SYSTEM 

2.1. General 

The purpose of the present report is to de- 
scribe a method of companding which enables the 
principal advantages of a two-channel split-band 
compandor to be realized in practice without the 
necessity for band-splitting filters in the signal 
chain. This method consists, in brief, of applying 
a much higher degree of pre- and de-emphasis than 
would normally be allowable, restricting the maxi- 
mum level of the pre-emphasi zed signal by a quick- 
acting limiter, and using a pilot-tone-operated 
automatic gain control at the receiving end of the 
system to restore the signal level to normal. The 
artifice is applicable to any system of transmission 
in which the channel capacity is sufficient to allow 
the introduction of a modulated pilot tone without 
unduly narrowing the frequency range of the pro- 
gramme signal. An experimental compandor of this 
type has been constructed* and tests have been 
carried out in conjunction with a p.c.m. system of 
a type that could be used for high-quality sound- 
signal distribution'; an effective noise reduction 
of some 15 dB - equivalent to adding 2Vi bits to the 
pulse code - was achieved without the introduction 
of any noticeable side effects. 

Fig. 1 shows a simplified block diagram of the 
companding system. The programme signal is 
applied to a network which pre-emphasizes the 
upper-frequency end of the spectrum and thence to 
a band-stop filter BSFT which removes all com- 
ponents lying within a narrow-frequency band 
centred on a pilot frequency f — which for a 15kHz 
channel bandwidth could conveniently be, say, 
14-75 kHz. At the output of the band-stop filter, a 
steady tone of frequency f is added to the pro- 
gramme signal at a level some 20dB below the 
peak level of that signal. The composite signal 
is then applied to the input of the transmission 
link through a limiter L1, consisting of a variable- 
gain amplifier controlled by rectified signals from 
its own output. This limiter has zero dB gain for 
small signals, but is set to reduce gain whenever 
its input signal level exceeds the maximum which 

* The construction and part of the development of the ex- 
perimental equipment was carried out by K.F. Lansdowne, 
who also assisted in the ensuing tests. 
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Fig. 1 - Simplified block diagram of pilot tone compandor system using pre- and de-emphasis 



may safely be applied to the link. The pilot tone is 
thus modulated in amplitude according to the varia- 
tions of gain occurring in L1. The incoming signal 
level is such that in the absence of pre-emphasis, 
the maximum signal amplitude at the input of L1 
would just reach the limiting point. In the presence 
of pre-emphasis, programme signals having a high 
proportion of their power in the upper part of the 
audio-frequency band will then cause this limiter 
to operate; the maximum degree of gain reduction 
produced by L1 in these circumstances will be 
equal to the maximum degree of pre-emphasis 
applied. 

At the far end of the link, the programme sig- 
nal passes through the variable-gain element of a 
second limiter L2. The gain of this limiter is con- 
trolled by the level of the pilot tone, which is 
separated from the programme signal by an appro- 
priate band-pass filter BPF1 in the control chain. 
Matters are so arranged that an increase in the 
pilot tone level produces a corresponding decrease 
in the gain of L2, and that in the absence of a 
programme signal, the gain of l_2 is depressed by 
an amount at least equal to the maximum gain 
reduction that could ever occur in L1; a sufficient 
reserve of gain is thus available in L2 to compen- 
sate for any gain reduction produced by L1. The 
programme signal leaving L2 passes through a band- 
stop filter BSF2 to remove the pilot tone and 
thence, through a de-emphasis network, to the 
output.* 

As long as the level of the pre-emphasized 
signal at the sending end of the link does not ex- 
ceed the prescribed maximum, the gains of l_1 and 
L2 remain constant, the former at its maximum 
value and the latter at its minimum. In these cir- 
cumstances the improvement in signal-to-noise 
ratio is that due to the pre- and de-emphasis. When- 
ever the programme material contains sufficient 
energy in the upper part of the a.f. spectrum to 

If the spectrum of the programme signal does not 
extend above /o + A/o, where A/o is the highest fre- 
quency at which the pilot tone is modulated, then the 
band*stop filters BSF1 and BSF2 could be replaced by 
low-pass filters and the band-pass filter BPF1 by a 
high-pass filter, the cut-off frequency in each case 
being /o— A/q. The same considerations apply to later 
examples. 



raise the level, after pre-emphasis, above the pre- 
scribed maximum input to the link, L1 operates, 
reducing gain by the amount necessary to avoid 
overloading the link; the resulting fall in the level 
of the pilot tone arriving at the far end is compen- 
sated by an increase in gain of l_2, which in the 
process restores the level of the programme signal. 
For complete restoration of the signal it is, of 
course, essential that the maximum rate of change 
of gain should be such that the products generated 
by the. modulation of the programme and the pilot 
tone at the sending terminal can be accurately 
reproduced at the receiving terminal. 

In theforegoing it has been tacitly assumed that 
the peak amplitude of the pilot tone is negligible 
compared with that of the programme signal. If 
this is not the case, the addition of the pilot tone 
will raise the maximum level of the combined signal 
entering L1 to slightly above the limiting' point — 
thus causing the compandor to operate — even when 
the programme signal contains only components 
which are too low in frequency to be affected by 
pre-emphasis. If, however, the peak amplitude of 
the pilot tone is 20 dB below that of the programme 
signal, low-frequency components alone can produce 
only 1 dB of companding and no audible 'hush-hush' 
effect results. 

2.2. Comparison with Other Methods of Noise 
Reduction 

The action of the above device resembles in 
some respects that of a two-channel split-band 
syllabic compandor. However, because the gain 
control at the sending end of the system is effected 
by a limiter rather than by a compressor of the 
normal type, reduction in gain — and the corres- 
ponding increase in noise at the output — does not 
occur until the signal level in the link reaches the 
maximum permissible value, when conditions for 
noise masking are most favourable. Moreover, 
neither the static nor the dynamic characteristics 
of L2 are critical provided that the loop gain can 
be made high enough to ensure substantially com- 
plete level restoration, and the operating time con- 
stants much shorter than those of L1. 

It should be noted that the arrangement de- 
scribed above contains a number of features at- 



ready known to the art. A compandor system 
operating on a pre-emphasi zed signal and using an 
amplitude-modulated pilot tone, carried by a separ- 
ate channel, to control the r.m.s. level, has been 
developed for sound-film recording . The 'Lincom- 
pex' system developed by the GPO for radio com- 
munication ' works on a similar principle but con- 
trols the peak value of the signal, and uses limiters 
to give an infinite compression ratio, with a fre- 
quency-modulated pilot tone for level control." 
Both of these systems, however, employ comple- 
mentary gain-control devices at the sending and 
receiving terminals. The artifice of mixing the 
pilot tone with the signal at the compressor and 
using a closed-loop gain-regulating circuit rather 
than a complementary variable-gain element at the 
receiving terminal has been employed in an auxiliary 
gain-corrector forming part of a Siemens and Halske 
carrier-frequency compandor . The present com- 
bination of the various devices is, however, believ- 
ed to contain an element of novelty . 

The system shown in Fig. 1 is not fully equiv- 
alent to a split-band compandor, for a price has to 
be paid for the elimination of the band-splitting 
filters from the programme chain. Without these 
filters, the gain reduction produced by L1, and the 
corresponding gain restoration effected by L2, are 
both applied to the whole audio-frequency band. A 
situation could therefore be envisaged in which the 
arrival of a signal having its energy concentrated 
in the upper part of the audio-frequency range 
would increase the audibility of low-frequency 
noise. This effect is not likely to be serious in 
transmission systems which produce only white 
noise. In these systems the ratio of signal to low- 
frequency noise components is usually well in 
excess of requirements, and in exchange for a 
certain increase in signal-to-noise ratio at high 
frequencies, the signal-to-noise ratio at low fre- 
quencies may safely be reduced by the same amount; 
it should be noted that this condition is already 
tacitly assumed to apply in 'music-in-band* systems, 
in that the standard 'pre-emphasi s' characteristic 
for such circuits is designed not only to raise the 
signal level in the upper part of the a.f. band, but 
to lower it by a comparable amount in the lower 
part. This characteristic is shown in Fig. 2 curve 
(a); the dotted curve (a') shows the corresponding 
de-emphasis. 



3. DESIGN CONSIDERATIONS 

3.1. General 

The experimental compandor system to be 
described was designed primarily for use with a 
p.c.m. system, referred to in Section 5, which trans- 
mitted audio-frequency signals with a nominal upper 
limit of 14 kHz. It was decided in the first instance 
to restrict the upper-frequency limit of the pro- 



gramme signal to 13 kHz and to make the frequency 
of the pilot tone 13-75 kHz; allowing for the im- 
perfections of practical filters, this would allow 
about ± 250 Hz for the sidebands produced by the 
modulation of the pilot tone. 
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Fig. 2 - (a) and (a): CCITT characteristics for 

pre- and de-emphasis respectively 
(b) and tbl: Pre- and de-emphasis characteristics 
respectively, as modified for pilot tone compandor 



3.2. Sending Terminal 

The bandwidth required to accommodate the 
amplitude-modulated pilot tone is in practice deter- 
mined by instrumental considerations, and here it is 
necessary to consider in greater detail the action of 
L1 and to depart from the simplified arrangement 
shown in Fig. 1. 

To avoid audible distortion due to momentary 
overloading of the link on the arrival of a high-level 
signal, the limiter L1 as shown in Fig. 1 would 
have to be capable of carrying out any necessary 
gain reduction within 100/zs or less. Such a high 
rate-of-change of gain would, however, introduce 
audible modulation products into the programme 
signal. It would also produce sidebands of the 
pilot tone occupying a total bandwidth comparable 
with that of the programme signal; unless this wide- 
band control signal were transmitted intact over the 
link, it would not be possible to cancel all the 
audible modulation products by the action of L2. 

It is, however, possible to avoid momentary 
overloading of the transmission link without demand- 
ing an excessive rate-of-change of gain in L1, by 
recourse to an artifice, originally employed in a 



general-.purpose limiter and described in an earlier 
report, 8 by which unwanted modulation products can 
be reduced to negligible proportions. Fig. 3 shows 
the essential features of the circuit. The incoming 
signal is applied to two identical variable-gain 
amplifiers VG1 and VG2, in the latter case via a 
delay network T1. The signal-output of VG1, 
rectified and smoothed, is fed back to the gain- 
controlling terminal of VG1 in such a way as to 
produce the required output/input characteristic; 
the operating time of the control loop thus formed 
can be made as short as may be required. The 
control signal which operates on VG1 is also 
applied to VG2 through a low-pass filter LPF1, 
which restricts the rate-of-change of gain sufficient- 
ly to avoid the generation of audible modulation 
products; the delay in network T1 is such as to 
offset the finite operating time of the VG1 control 
loop plus the time lag introduced by LPF1 and thus 
to avoid signal overshoot occurring under transient 
conditions. The signal to be transmitted over the 
link is then taken from the output of VG2. 
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Fig. 3 - Detailed block diagram for limiter LI giving 
restricted operating speed without signal overshoot 

In the original general-purpose limiter to which 
Fig. 3 refers, the cut-off frequency of LPF1 was 
about 1.5 kHz and the delay T1 about 1/3 ms. If 
the limiter l_1 in Fig. 1 were of this type, the fre- 
quency band required to accommodate the modulated 
pilot tone would extend some 1-5 kHz above and 
below f . For the present purposes, therefore, the 
bandwidth was narrowed to the ±250Hz allowed in 
Section 3.1, by reducing the cut-off frequency of 
LPF1 to 250 Hz - thus restricting the maximum 
rate-of-change of gain of VG2 - and the increased 
time-delay in LPF1 was allowed for by increasing 
the delay time of T1 to 2 ms. This process couid 
in principle be carried still further, at least up to 
the point at which the anticipatory action of L1 - 
and hence of L2 - led to an audible rise in noise at 
the output of the system before the arrival of a 
signal. In practice, however, the maximum value of 
the delay T1 would be restricted by economic con- 
siderations to a few milliseconds. 

In principle, the gain recovery time of L1, like 
the operating time, could be made about 2 ms; 
however, the gain could then vary appreciably 



during each cycle of a signal containing components 
at low audio-frequencies, thus producing waveform 
distortion. The degree of precision in the subse- 
quent gain restoration which would be necessary to 
remove this distortion is much higher than that 
normally required in a syllabic compandor - for 
example, while a voltage gain error of ±5% fluc- 
tuating at syllabic rate may be tolerable, a corres- 
ponding amplitude modulation within one cycle of 
the programme signal could produce audible dis- 
tortion. It is important therefore that the recovery 
time of L1 should not be too short. If, on the other 
hand, the recovery time were made too long, noise 
from the link would be audible for a short time after 
cessation of a signal, when the gain of L1 remains 
low and that of L2 high. In practice a value of the 
order of 150ms gives an adequate compromise. 
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Fig. 4 - Detailed block diagram of receiving terminal 
of experimental compandor 

3.3. Receiving Terminal 

In the simplified circuit illustrated in Fig. 1, 
the maximum speed of operation of l_2 is restricted 
by the time delay in BPF1, which is included in the 
control loop. In order to achieve rapid gain restora- 
tion, the arrangement shown in Fig. 4 was used at 
the receiving end of the experimental system; it is 
based on the artifice illustrated in Fig. 3. The 
modulated pilot tone of frequency f , separated from 
the programme signal by the band-pass filter BPF1, 
is applied to one of two identical variable-gain 
amplifiers, while the programme signal, freed from 
the pilot tone and its sidebands by the band-stop 
filter BSF2, is applied via a delay network T2, to 
the other. Rectified and smoothed pilot tone from 
the output of the first of the two variable-gain 
amplifiers provides a common control voltage for 
both, so that the required gain-regulating action is 
duplicated in the programme circuit. Filter BPF1 
is no longer within the control loop of L2, so that 
the delay which it introduces need not restrict the 
speed of operation. The delay in T2 is made 2 ms — 
sufficient to offset the time lag produced by BPF1' 
and by the smoothing applied to the rectified control 
voltage. Comparing Fig. 4 with Fig. 1, it will be 
noted that the programme signal and pilot tone do 
not pass through the same variabie-gain ele- 
ment, so that the possibility of intermodulation 
between them at this stage is avoided; the same 



artifice could be applied, if it were necessary, at 
the sending terminal to avoid intermodulation 
between programme and tone in L1, by providing a 
third variable-gain element operated by the same 
control voltage as VG2 in Fig. 3. 

3.4. Pre- and De-emphasis Characteristics 

The pre- and de-emphasis characteristics 
adopted for the experiments are shown in Fig. 2, 
curves (6) and (b') respectively. These are iden- 
tical in form with the standard characteristics of 
curves (a) and (a'), but the circuit gain is increased 
by 7 dB at the sending end of the system and reduced 
by the same amount at the receiving end; the result- 
ing pre- and de-emphasis has little or no effect on 
components of the signal below 400 Hz. The de- 
emphasis characteristic of Fig. 2 curve (b*), when 
applied to white noise, reduces the level as judged 
subjectively, by about 15 dB; the improvement in 
signal-to-noise ratio thus obtained is equivalent, in 
a p.c.m. system, to an extra 2h bits per sample. 

The characteristics (b) and (6'), adopted 
arbitrarily in the first instance, were found, by 
subsequent experiment with the p.c.m. system 
referred to earlier, to represent a rough optimum. 
Displacement of the curves downwards in frequency 
by one octave, thus allowing lower-frequency com- 
ponents to actuate the variable-gain system, pro- 
duced audible programme-modulated noise; displace- 
ment towards the high frequencies naturally in- 
creased the residual noise from the system without 
any corresponding advantage. The de-emphasis 
curve (b / ), which gives an 18dB step in attenuation, 
was found to give a reduction in subjective noise 
within 1 dB of that obtained when the height of the 
step was increased indefinitely; there was therefore 
no need to increase the height of the step, and 
hence the operating range of the variable-gain 
elements at either end of the system, beyond 
18 dB.* The effect of increasing the slope of the 
pre- and de-emphasis curves was not investigated; 
on the basis of the results already obtained it was 
considered that any advantage thus obtainable 
would be marginal and certainly insufficient to out- 
weigh the difficulty of making the two networks 
accurately complementary. 

4. SIMPLIFICATION OF CIRCUIT 

4.1. General 

From Figs. 1, 3 and 4 it will be seen that the 
only parts of the equipment peculiar to the compan- 

* Some increase in operating range would, however, be 
necessary if the limiter were required to give protection 
against errors of incoming level; if these errors are liable 
to be greater than, say, 4 dB, it would be preferable to 
introduce, at the input to the system, a separate limiter 
having a recovery time'' long enough to prevent syllabic 
gain fluctuation. 



dor system are the limiter L2** at the receiving 
terminal, the filters BSF1, BSF2, BPF1, and the 
delay networks T1, T2. Of these items, the delay 
networks are the most expensive; it is therefore of 
interest to know how far the delay which they pro- 
vide may be reduced below the value required for 
complete restoration of the signal, without appreci- 
ably impairing the performance of the system. 

4.2. Receiving Terminal 

If the delay in network T2 were reduced, then 
any increase or decrease in the gain of limiter L1 
would raise or lower the overall gain of the system 
for a short period before the compensating action of 
L2 had time to take effect; during this period, 
therefore, the signal level at the output of the 
system would be too high or too low. 

For reasons given in Section 3.2, the maximum 
rate of increase in the gain of L1 has to be made 
slow enough to avoid 'cycle-following* at low 
audio-frequencies; in these circumstances, the 
compensating gain reduction in L2 can readily be 
made to follow so rapidly that the residual error 
which would appear even in the absence of the 2 ms 
delay in T2 is negligible. 

Consider, however, the sudden arrival, at 
limiter l_2, of a signal which has caused the gain of 
limiter L1 to fall. Any gain reduction in l_1 must, 
for reasons given in Section 3.2, be effected within 
2 ms, the time delay in T1. The compensating gain 
increase at the receiving terminal is however de- 
layed by the finite operating time of L2 (which 
depends on the amount of smoothing required in the 
pilot tone rectifier circuits to keep unwanted com- 
ponents from modulating the programme signal) and 
by the time lag in BPF1. In the absence of suf- 
ficient delay at T2 therefore, the signal at the out- 
put of L2 will initially be below its proper level. It 
was found, however, in the course of listening 
tests covering a variety of programme material, that 
T2 could be completely removed, without audible 
deterioration in reproduced quality. 

4.3. Sending Terminal 

After this encouraging result, the next step 
was to reduce to a minimum the time delay in the 
network T1 associated with the limiter L1 at the 
sending terminal; to avoid transient signal over- 
shoot at the output of L1 it was necessary to make 
a corresponding reduction in the time delay pro- 
duced by LPF1 in Fig. 3. As indicated in Section 
3.2, the lower limit for these two delays is set at 
about 1/3 ms by the generation of unwanted modula- 
tion products, the nominal cut-off frequency of 

** Even without a compandor it is in general desirable — 
and in the case of a p.c.m. system essential — to provide 
a protective limiter LI at the sending terminal. 



LPF1 is then 1-5 kHz and the attenuation 10 dB at 
2-3 kHz. With the system in this condition, listen- 
ing tests were carried out with various types of 
programme material, including recordings of a num- 
ber of percussion instruments. Some change of 
quality — comparable with that introduced by mag- 
netic recording - was observed in the case of 
isolated xylophone notes; this, however, was judged 
to be mainly due to low-frequency intermodulation 
products arising from the residual non-linearity 
(which corresponded to a maximum of 1 /2% total har- 
monic distortion) of the experimental equipment 
used, the effect of which was accentuated by the 
18 dB de-emphasis. Apart from this, no audible 
deterioration in programme quality was apparent. 

It will be noted that with the cut-off frequency 
of LPF1 increased from 250 Hz to 1-5 kHz, both the 
sidebands of the modulated pilot tone were extended 
beyond the range for which the rest of the system 
was designed; in particular, the lower sideband 
components could intrude into the programme spec- 
trum unless the latter were correspondingly restric- 
ted. Since the additional sidebands of the pilot 
tone were not utilized at the receiving terminal, but 
were removed by BPF1 (Fig. 4), it would have been 
logical to eliminate them at the sending end of the 
system. This could have been done by providing 
separate variable-gain channels for the programme 
and pilot tone, as already suggested in Section 3; 
the latter signal could then have had its bandwidth 
appropriately restricted before being mixed with the 
programme. However, the results of the listening 
tests on the system suggest that the intrusion of 
the unwanted pilot-tone components into the pro- 
gramme spectrum does no harm in practice, so that 
the instrumental complication necessary to remove 
them would not be justified. This conclusion was 
confirmed by an experiment in which, in the absence 
of programme, the level of the pilot tone fed to L1 
was changed abruptly by switching a 12 dB attenua- 
tor in and out of circuit, thus producing a rate-of- 
change greater than the maximum that could occur 
underworking conditions. The unwanted components 
were heard at the output of the system as a slight 
'click* which, it was judged, would be readily 
masked by the type of signal that would call for the 
maximum rate-of-change of gain. 

It is clear from the foregoing that, by taking 
advantage of the tolerance of the ear and the nature 
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Fig. 5 - Sending terminal of experi- 
mental compandor for use with 
p. cm. system 



of the signal, it is possible to simplify considerably 
the design of a compandor system of the type des- 
cribed with little or no effect on programme quality.* 

5. APPLICATION TO A P. CM. SYSTEM 

The companding circuit described above is in 
principle readily applicable to a p. am. system. 
Quantizing noise has a spectrum similar to that of 
white Gaussian noise, so that low-frequency com- 
ponents are unlikely to cause trouble; moreover, the 
amplitude/ frequency response of a p. cm. system is 
uniform and stable, so that a pilot tone located near 
the upper end of the range can be used to give an 
accurate indication of gain changes applied to all 
the other signal components. 

Tests were carried out using the compandor 
system described in Sections 2 and 3, in conjunction 
with an experimental binary p.cm. system having a 
sampling frequency of 31-25 kHz and capable of 
operating with various numbers of digits up to 11. 

The equipment functioned satisfactorily except 
that some interference was audible at frequencies 
equal to the difference between harmonics of the 
13-75 kHz pilot tone and 31-25 kHz sampling fre- 
quency. The production of these difference com- 
ponents is a necessary consequence of the quan- 
tizing carried out in the p.cm. process; the ampli- 
tude of such components is comparable with that of 
the quantizing noise, but the subjective effect was 
found to be much more objectionable. The inter- 
ference was, however, eliminated by modifying the 
equipment to operate with a pilot tone having one- 
half the sampling frequency,** i.e. 15-625 kHz, and 
phase-locked in such a way that the crest value of 
the tone in each half cycle was sampled. Fig. 5 
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should perhaps be made in the case 
hannels ot a stereophonic programme system. It 
is known that the directional impressions received by 
the listener are conditioned by the initial transients of 
the sounds concerned; further investigation would be 
required to discover how far these transients may be 
modified without producing anomalous effects. 

** Following a suggestion by E.R. Rout. 
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shows in schematic form the filtering and sampling 
arrangements at the sending end of the p. cm. 
system in which, for reasons explained in Section 
4.3, the cut-off frequency of LPF1 has been made 
1-5 kHz and the delay time of T1, 1/3 ms. Fig. 6 
illustrates the relevant portions of the spectrum of 
the sampled signal resulting from a programme input 
extending up to 14 kHz, assuming very narrow 
sampling pulses. Since the sidebands of the 
modulated pilot tone can extend over + 1-5 kHz the 
spectrum of the signals applied to the sampling 
unit of the p. cm. system, shown in curve 6(a), 
extends up to 1-5 kHz above the half-sampling- 
frequency point (i.e. to 17-125 kHz), while the 
lower sideband of the sampling frequency, shown in 
curve 6(6), which represents the same spectrum 
displaced and inverted, extends down to 1-5 kHz 
below this point (i.e. to 14-125 kHz). As the upper 
and lower sidebands of the modulated pilot tone are 
symmetrical, corresponding components from the 
two overlapping spectra coincide in frequency, and 
it can readily be shown that their amplitudes are 
additive. It will be seen that this arrangement, 
instead of sacrificing a portion of the audio-fre- 
quency spectrum to accommodate the modulated 
pilot tone, utilizes for the purpose a region, around 
the half-sampling-frequency point, which, because 
of the imperfections of filters, is usually wasted. 
There seems no reason why the same principle 
should not be applied to companding in other 
systems in which the signal is periodically sampled. 

At the receiving end of the system the output 
of the digital-to-analogue converter is applied to a 
circuit similar to that shown in Fig. 4 but, for 
reasons explained in Section 4.2, the delay T2 is 
omitted. 
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6. CONCLUSION 

By judicious use of pre- and de-emphasis cir- 
cuits in conjunction with a compandor system 
employing limiters and a pilot tone, it is possible 
to realize many of the advantages of a split-band 
compandor in a high-quality sound signal trans- 
mission link without the need for band-splitting in 
the programme circuit. This arrangement is suit- 
able for use in connection with a time-division- 
multiplex system provided that the pilot tone is 
locked to one-half the sampling frequency, and has 
been found to operate satisfactorily with a p. cm. 
system. 



Fig. 6 -Spectrum of compressed signal after sampling 

(a) baseband 

(fa) sidebands of sampling frequency 
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